The aim of this work was to develop a procedure that allows prosodic modifications of speech signals without impairing the quality. The developed procedure is based on the Fourier analysis/synthesis technique with several improvements on the analysis side, such as the analysis of signals with rapidly changing Fo and the analysis of weak spectral components.
INTRODUCTION
Text-to-speech (TTS) synthesis based on concatenation of natural speech segments, e.g. diphones, requires an algorithm for prosodic modification of these segments. Linear prediction (LP cf. [l] ) provides an easy way to independently control the prosodic parameters duration, fundamantal frequency (Fo), and intensity of the speech segments. Unfortunately, LP causes a clearly noticeable quality loss of the synthesized speech.
The well-known LP replacement used in today's TTS systems is PSOLA, a method based on pitch-synchronous overlapadd of signal periods that are modified either in the frequency or time domain (see e.g. [2] and [4], resp.). For very accurately pitch-segmented speech signals, the PSOLA method exceeds the LP quality by far. The speech quality, however, is very sensitive to deficiencies of the pitch m e ntation. It is therefore advantageous to use a fixed kame rate procedure that needs no pitch segmentation at all. where m and i are the h e and the spectral component indices, resp. Additionally, appropriate methods for modifying the spectrum and for reconstructing the signal must be available. In the subsequent sections we will present our solutions.
An obvious solution is

ESTIMATING THE TRUE
SPECTRUM
The basic idea of the Fourier dysis/synthesis approach to the prosodic modification of speech signals, in particular with respect to FO and duration, is, to change the FO by scaling the frequency axis and the duration by summing up sine wave components of the desired length. This is not feasible with a standard short-time Fburier transform, because the result of the Fourier transform of a windowed signal is equal to the convolution of the signal spectrum with the spectrum of the window. The question is therefore: what is the spectrum that can be used for prosodic modifications (we term this the true apeetrum), and how can it be evaluated.
It is well-known that a signal with period TO has a line spectrum with a line spacing of FO = l/To. huthermare, it has been shown, that the Fourier transform of a windowed periodic signal, where the Hamming window is at least 2.5To long, generally exhibits a relative maximum of the amplitude for every harmonic component. Taking these macha as components of the true spectram is not precise enough as shown in Figure 1 . There are several obvious inaccuracies: the spectrum is not harmonic although the signal is periodic, weak components are not reliable, and there are many spurious peaks. These problems are assoCated with voiced speech, whereas unvoiced speech has turned out to be unprobkmatic. Therefore, the following considerations are related to v o i d speech only.
Detection of weak spectral components
The signal " t m c t e d &om the short-time spect" of Figure 1 Figure 2c . The spectral analysis with the improvements described in sections 2.1 and 2.2b) is shown in Figure 3 . Figure 4 .
Furthermore, the time and pitch scaling scheme should also allow prosodic modification of discontinuous signals, e.g. concatenated diphones as used in a TTS system. That is why we decided to use the OLA method to reconstruct the signal. The perceptually optimal overlap size of the weighting windows is about 2 -3 msec.
PROSODIC MODIFICATIONS
This section demonstrates how prosodic modifications of a speech signal that is given as short-time spectrum can be achieved. The time and pitch (frequency) modifications are controlled by the factors ZT and ZF, resp. 
Time Scaling
Pitch Scaling
Requency and time scaling require similar phase compensations that can be combined in the following recursion: The spectral envelope Sm of frame m can be determined by linear prediction or by cepstrdy smoothing the spectrum. Perceptually much better results, however, have been attained by cosine interpolation of the true log amplitude spectrum. 
